A continuous adaptive modulation multitone system for multipath fading channels is shown. To obtain a target BER and maximum aggregated rate, each subcarrier bit rate is modified independently to adjust the transmitted signal to the spectral channel shape and to track the channel variations dynamically. Spectral efficiency and the required feedback channel capacity are obtained through simulation over a multipath Rician channel.
ally operate over frequency selective and time variable multipathfading channels. Most current systems do not take into account time selectivity, and so they have to adapt their performance to the worst channel conditions, and the efficiency they can exploit is much lower than the theoretical channel capacity [l] . Adaptive modulation techniques can be used to track the variable channel quality and reduce the effects of fading [2] , increasing the bit rate achieved for the same target bit error rate (BER).
A suitable technique to address frequency selectivity over spectrally shaped channels is discrete multitone modulation (DMT) [3] , known also as orthogonal frequency division multiplexing (OFDM). This technique has been extensively studied for copper subscriber loop and digital TV and its use in mobile radio channels has been proposed [4] .
As in one-carrier systems, adaptive modulation techniques can be used in DMT to adapt each subcarrier modulation parameter to the instantaneous channel conditions [3] . The efficiency of DMT to adjust the system to the channel shape and the ability of adaptive modulation to follow the channel variations combine to achieve the maximum aggregated bit rate at a target BER.
The aim of this Letter is to explore the possibilities of the use of continuous adaptive DMT for high bit rate transmission with a target BER and fmed power over frequency selective multipath fading channels. A feasible system is described, the problems to be faced are analysed and possible solutions are suggested. Simulations over a six path Rician channel are carried out to study the proposed system outlook. 
Fig. 1 Useful spectral efficiency against SNR
System description: The proposed adaptive DMT is a usual multitone system (modulatioddemodulation by IFFTIFFT, cyclic prefuc and frequency domain equaliser), the modulation parameters of which can be continuously modified to follow the channel quality. As DMT has been extensively studied elsewhere, special attention is paid here to the adaptation functions.
Adaptive modulation systems attempt to achieve the maximum average bit rate with a constant BER at all channel conditions [2] by varying the transmitted power, instantaneous bit rate or both. the symbol rate is constant, and so adaptation is performed by modifying the number of bits per symbol, i.e. constellation size. An N-subcarrier DMT system can be seen as N independent parallel channels and therefore fast adaptive modulation techniques can be applied over each subcarrier to obtain the maximum average aggregated rate at a target BER.
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The system proposed here is power-fured for each subcarrier and
The required channel estimate is implemented using a pilot symbol-aided method [5] . The receiver estimates the channel conditions, decides the optimum constellation size for each subearrier and sends this information back to the transmitter, which modifies the constellation size.
Instantaneous channel estimate:
The transmitter generates, every Q multitone symbols, a frequency pilot pattern formed by N QPSK symbols. The receiver estimates the channel response for each subcarrier frequency by calculating the quotient between received and pattern symbols. The updated estimate is used by the adaptation algorithm, as discussed below, and to readjust the frequency domain equaliser.
The number of symbols between estimates, Q, limits the maximum supportable Doppler spread, which can be increased by lowering Q, at the expense of a greater overhead, or by interpolating the channel behaviour between estimates [5] . The effect of inaccurate estimates and the maximum estimation delay that can be allowed have been studied in other reports [5] . The adaptation algorithm evaluates the channel quality and provides a suitable constellation size for each subcarrier as a function of the distance needed among symbols for a target BER and a performance margin which is included to counteract the estimate error. This algorithm disables those subcarriers where the target BER cannot be obtained with the smallest constellation, 4-QAM. For easy implementation, M-QAM has been used for each subcarrier, i.e. an even number of bits in the constellation. The constellation size was limited to 64 symbols, as this was considered a practical limit.
Feedback channel: The information needed for adaptation has to be reliably sent from the receiver to the transmitter. A fraction of the reverse associated control channel is used for this purpose. To reduce the overhead, only changes in each subcarrier constellation size are encoded (two bits per subcarrier).
A handshaking procedure to exchange the adaptation information has been considered and a delay of three multitone symbols between the channel estimate and the updating in the transmitter is introduced by the feedback channel.
Simulations and results: Simulations have been carried out over a mobile frequency selective six path Rice (line of sight to multipath component power ratio OdB) channel. A representative pedestrian mobile speed of 6km/h results in a maximum Doppler frequency deviation of lOHz (for the 1.8GHz carrier frequency used), so the channel can be considered stationary over the symbol duration, 2 1 . 5~~ and slowly variant over the estimation period, 107.5ps. The maximum estimated impulse response was 5 . 5~~ delay spread lps, and so a 125kHz bandwidth for each subcarrier can be considered flat. The adaptation algorithm considers a 10-4 target BER.
A total of 32 subcarriers for DMT have been used. Greater numbers of subearriers lengthen the multitone symbol and therefore the adaptation and estimate delays, the system complexity and the necessary capacity in the feedback channel increase. In addition, errors in the carrier frequency recovery or in the synchronisation, not considered in this simulation, would result in a higher BER. Although a greater number of subcarriers improves the spectral efficiency, the use of more subcarriers is not justified. Fig. 1 shows the achieved useful average spectral efficiency against SNR (overhead introduced by pilot symbols not included) which can be compared with other systems like DECT (digital enhanced cordless telecommunications, efficiency of 0.66, target BER lk3 and SNR values higher than those used in simulations). The simulated BER is plotted in Fig. 2 and shows that the BER is close to the target of 10-4 over the full SNR range, while spectral efficiency increases with SNR (Fig. 1) . For high SNR values, the efficiency reaches a maximum value because of the limited constellation sue. Fig. 3 shows the necessary feedback channel capacity in kilobits per second. For high SNR values, it reaches a limit when increasing constellation size is no longer possible.
Conclusions: A multitone system with variable rate adaptive modulation has been presented. Its application to multipath fading Rician channels was explored by simulations, considering practical problems such as channel estimation errors, adaptation delays and feedback channel requirements.
With a fied target BER, the proposed adaptation algorithm is able to follow variations of moderate delay spread channels, achieving higher spectral efficiencies than current fied-modulation systems and keeping the BER very close to its target. Variance reduction in Monte Carlo simulation of product form systems
P.E. Lassila and J.T. Virtamo
A variance reduction method for Monte Carlo type simulations is presented. The principle is to use known analytical results to the maximum degree. This is possible for systems with a product form probability distribution for which conditional one-dimensional expectations can easily be precomputed.
Introduction: In this Letter, we devise a simple and efficient variance reduction method for Monte Carlo simulations. The method is based on an elementary identity; however, it seems that a systematic application of this identity has escaped attention in the simulation context. The method is quite general but, from a practical point of view, it is best suited for systems with product form probability distributions.
Systems possessing a product form solution represent an important class of systems and appear in various problem settings such as multiservice loss networks [l] and queueing networks [2] . In principle, product form systems are mathematically simple and well understood, and it is possible to write down exact expressions for (for example) the blocking probability of a call belonging to a given class. However, for realistic systems, e.g. real multiservice networks with a great number of links and usually a very great number of different traffic classes (a class is defined by the route and the connection attributes of the call), such analytical expressions defy direct evaluation because of the large size of the state space. In such situations, it is necessary to resort to simulations, and when the form of the stationary distribution is known, the Monte Carlo approach is the most obvious choice. Even then, obtaining results with small enough confidence intervals for large systems can be a daunting task. Therefore, acceleration methods for reducing the simulation time are needed to permit the study of larger systems. The variance of the estimator in eqn. 2 can be smaller than that in eqn. 1.
More specifically, we consider the case where the state space S is partitioned into sets Az, i = 1, ..., I. A state X belongs to one and only one of the sets 4. We denote the unique index of this set by t(4. We use this discrete valued function as the function g(.) in the above formulas. So, finally, our estimator is where N, is the count of the samples having t(Xn) = i or, equivalently, X, E A,, and q(i) = E[h(X)IX E A,]. In fact, the latter form could have been written drectly from
E [ h ( X ) ] = E [ h ( X ) I X E A ; ] P { X E A,]
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